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1
ADAPTIVE NOISE CONTROL

CLAIM OF PRIORITY

This patent application claims priority from EP Applica-
tion No. 10 165 787.2 filed Jun. 14, 2010, which is hereby
incorporated by reference.

FIELD OF TECHNOLOGY

The present invention relates to adaptive noise control in an
audio signal processing system and in particular to control-
ling the cancellation performance both in amplitude and
phase.

RELATED ART

A disturbing noise (also referred to as “noise” or “disturb-
ing sound signals™), in contrast to a useful sound signal, is
sound that is not intended to be heard or perceived, for
example, by a listener. In a motor vehicle, disturbing noise
may include sound signals generated by mechanical vibra-
tions of an engine and/or components mechanically coupled
thereto (e.g., afan), wind passing over and around the vehicle,
and/or tires contacting, for example, a paved surface. In par-
ticular for lower frequency ranges, noise control systems and
methods are known that eliminate or at least reduce the noise
radiated into a listening room using a destructive interference
(i.e., by superposing the noise signal with a compensation
signal). However, the feasibility of these systems and meth-
ods relies on the development of cost effective, high perfor-
mance digital signal processors, which may be used together
with an adequate number of suitable sensors and transducers.

Common, active noise suppressing or reducing systems
also known as “active noise control” (ANC) systems generate
a compensation sound signal having the same amplitude and
the same frequency components as the noise signal to be
suppressed. However, the compensation sound signal has
180° (one hundred eighty degree) phase shift with respect to
the noise signal. As a result, the noise signal is eliminated or
reduced, at least at certain locations within the listening room,
due to the destructive interference between the compensation
sound signal and the noise signal. “Listening room” in this
context is the space in which the ANC exhibits its noise
suppressive effect, e.g., the passenger compartment of a
vehicle.

Modern active noise control systems implement digital
signal processing and digital filtering techniques. Typically, a
noise sensor (e.g., a microphone or a non-acoustical sensor) is
used to provide an electrical reference signal representing the
disturbing noise signal generated by a noise source. The ref-
erence signal is fed to an adaptive filter which supplies a
filtered reference signal to an acoustic transducer (e.g., a
loudspeaker). The acoustic transducer generates a compen-
sation sound field having a phase opposite to that of the noise
signal within a defined portion (“listening position”) of the
listening room. The compensation sound field interacts with
the noise signal thereby eliminating or at least damping the
noise within the listening position. The residual noise within
the listening environment and/or the listening room may be
sensed using a microphone. The resulting microphone output
signal is used as an “error signal” and is provided to the
adaptive filter, where the filter coefficients of the adaptive
filter are modified such that a norm (e.g., the power) of the
error signal and, thereby, the residual noise finally perceived
by the listener is minimized.
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All applicable algorithms provide compensation for the
added physical plant between the output of the adaptive sys-
tem and the sensed error signal. Known algorithms are, e.g.,
the filtered-x-LMS (FXLMS), filtered-error-LMS (FELMS)
and modified-filtered-x-LMS (MFXLM).

A model that represents the acoustic transmission path
(physical plant) from the acoustic transducer (i.e., loud-
speaker) to the error signal sensor (i.e., microphone) is used
for applying the FXLMS, FELMS, MFXLMS (or any
related) algorithm. This acoustic transmission path from the
loudspeaker to the microphone is usually referred to as a
“secondary path” of the ANC system, whereas the acoustic
transmission path from the noise source to the microphone is
usually referred to as a “primary path” of the ANC system.
The corresponding process for identifying the transmission
function of the secondary path is referred to as “secondary
path system identification”.

The transmission function (i.e., the frequency response) of
the secondary path system of the ANC system may have a
considerable impact on the convergence behavior of an adap-
tive filter, and thus on the stability behavior thereof, and on the
speed of the adaptation. The frequency response (i.e., mag-
nitude response and/or phase response) of the secondary path
system may be subject to variations during operation of the
ANC system. A varying secondary path transmission func-
tion may have a negative impact on the performance of the
active noise control, especially on the speed and the quality of
the adaptation produced by the FXLMS, FELMS or MFX-
LMS algorithm. The negative impact is caused when the
actual secondary path transmission function is subjected to
variations and no longer matches an a priori identified sec-
ondary path transmission function that is used within the
active noise control system. All these effects limit the achiev-
able attenuation performance of an ANC system.

Further, in certain applications it is desired to control the
level and phase of noise attenuation over frequency.

There is a general need for adaptive noise control with
selectable cancellation characteristics while maintaining
speed and quality of adaption as well as robustness of the
adaptive noise control.

SUMMARY OF THE INVENTION

According to one aspect of the invention, an adaptive noise
control system is disclosed for reducing, at a listening posi-
tion, power of an acoustic noise signal radiated from a noise
source to the listening position. The system includes an adap-
tive filter that receives an electrical reference signal represent-
ing the acoustic noise signal and an electrical error signal
representing the acoustic signal at the listening position and
that provides an electrical output signal; a signal processing
arrangement that is connected downstream of the adaptive
filter and that provides a first electrical compensation signal
indicative of the electrical output signal multiplied by a first
gain factor and a second electrical compensation signal
indicative of the electrical output signal multiplied by a sec-
ond gain and filtered by an estimated transfer function of the
secondary path, the second gain factor being equal to one
subtracted by the first gain factor; the second compensation
signal being added to the error signal for compensation; and
atleast one acoustic transducer that receives the first electrical
compensation signal and radiates an acoustic compensation
signal indicative of the first electrical compensation signal to
the listening position.

According to another aspect of the invention, an adaptive
noise control method is disclosed for reducing, at a listening
position, power of an acoustic noise signal radiated from a
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noise source to the listening position. The method includes
providing an electrical reference signal correlated with the
acoustic noise signal; filtering the electrical reference signal
with an adaptive filter to provide an electrical output signal;
multiplying the electrical output signal of the adaptive filter
by an adaptive first gain factor to provide a first electrical
compensation signal; filtering and multiplying the electrical
output signal of the adaptive filter by a second gain factor to
provide a second electrical compensation signal, the second
gain factor being equal to one subtracted by the first gain
factor; radiating the first electrical compensation signal to the
listening position with an acoustic transducer; sensing a
residual electrical error signal at the listening position; adding
the second electrical compensation signal to the electrical
error signal to provide a compensated error signal; and adapt-
ing filter coefficients of the adaptive filter as a function of the
compensated error signal and the reference signal.

DESCRIPTION OF THE DRAWINGS

The components in the drawings are not necessarily to
scale; instead emphasis is placed upon illustrating the prin-
ciples of the invention. Moreover, in the drawings, like refer-
ence numerals designate corresponding parts.

FIG. 1 is a block diagram illustration of a basic adaptive
noise control system with controllable attenuation in time
domain;

FIG. 2 is a block diagram illustration of a more specific
embodiment of the basic adaptive noise control system shown
in FIG. 1;

FIG. 3 graphically illustrates the attenuation E[z]/D[z] in
dB over gain factor g in the time domain in a system as shown
in FIG. 2;

FIG. 4 graphically illustrates the phase of E[z]/D|z] over
gain factor g in the time domain in a system as shown in FIG.
2;

FIG. 5 is a block diagram illustration of an adaptive noise
control system as shown in FIG. 2 implemented in the fre-
quency domain and having a frequency dependant complex
gain factor G;

FIG. 6 illustrates an alternative embodiment of the system
of FIG. 5;

FIG. 7 illustrates a system according to FIG. 6 adapted to
automatically adjust the complex gain G over frequency to
implement a user selectable attenuation and phase relation of
E[z]/D [z]; and

FIG. 8 illustrates a system according to FIG. 7 with addi-
tional phase averaging of the adaptive complex gain G.

DETAILED DESCRIPTION OF THE INVENTION

FIG. 1 illustrates the signal flow in a basic adaptive noise
control system for generating a compensation signal that at
least partially compensates for, eliminates or modifies an
undesired disturbance signal d[n]. An acoustic noise signal
x[n] (reference noise signal) representative of all disturbing
noise that may occur is radiated via a primary path 1 from a
noise source 3 to a listening position 4. The acoustic noise
signal x[n] may include, for example, sound signals gener-
ated by mechanical vibrations of an engine, sound of compo-
nents mechanically coupled thereto such as a fan, wind pass-
ing over and around the vehicle, and tires contacting a paved
surface. For the sake of simplicity, all such sources of noise
are represented herein by the noise source 3. The primary path
1 may impose a delay to the acoustic noise signal x[n], for
example, due to the propagation of the disturbing noise from
the noise source 3 to the listening position, i.e., a location in
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4

the listening room where a suppression of the disturbance
noise d[n] signal should be achieved, to the desired “point of
silence”.

An acoustic compensation signal y"[n] is radiated from a
transducer such as a loudspeaker 5 along a secondary path 2
to the listening position 4, appearing there as delayed com-
pensation signal y'[n]. At the listening position 4, the distur-
bance noise signal d[n] and the delayed compensation signal
y'[n] interfere with each other resulting in an acoustic error
signal, herein referred to as error signal e[n]. The interaction
of'the disturbance noise signal d[n] and the delayed compen-
sation signal y'[n] can be described as signal addition which is
illustrated in FIG. 1 by an adder 6. The acoustic error signal
e[n] is transferred by another transducer such as a micro-
phone 7 into an electrical error signal which, for the sake of
simplicity, is like the acoustic error signal herein also referred
to as error signal e[n]. With still another transducer such as a
microphone 8 the acoustical noise signal is picked up at the
noise source 3 and transformed into an electrical noise signal.
However, any other sensor may be used that generates a signal
corresponding to the acoustical noise signal. As with the error
signal e[n], the acoustic and the electrical noise signals are
both simply referred to as noise signal x[n] hereinafter.

A signal processing arrangement 10 receives and processes
the noise signal x[n] and the error signal e[n] to generate the
compensation signal y"[n], which is the compensation signal
y[n] multiplied in the time domain by a (first) gain factor g (in
the present case areal number) in a multiplier 12. In the signal
processing arrangement 10, the compensation signal y[n] is
provided by an adaptive filter 11 that receives the noise signal
x[n] and a modified error signal e*[n]. This modified error
signal e*[n] is provided by an adder 13 that adds the error
signal e[n] and a modified compensation signal y*[n]. This
modified compensation signal y*[n] is the compensation sig-
nal y[n] multiplied in the time domain by (second) gain factor
1-g (the second gain factor is equal to 1 subtracted by the first
gain factor) in a multiplier 14 and filtered by a filter that
models the secondary path 2, hereinafter referred to as sec-
ondary path estimation filter 15. The multiplication by quan-
tity “1-g” in the multiplier 14 compensates for the multipli-
cation by “g” in the multiplier 12 (in connection with
secondary path model established by the filter 15) to the effect
that the modified error signal e*[n] is the same as error signal
e[n] in a conventional ANC system, that is, when the multi-
plier 12 is bypassed and the multiplier 14 is omitted (g=1).
Thus, the error signal provided to the adaptive filter is the
same as in conventional ANC systems.

In the arrangement illustrated in FIG. 1, a signal (e.g.,
compensation signal y"[n]) which is correlated to the noise
signal x[n] (also referred to as a “reference noise signal”) is
used for driving a compensation loudspeaker (e.g., loud-
speaker 5). The “system response” to a noise input x[n] from
the noise source 3 is represented by at least one microphone
output signal (error signal e[n]) that is fed back via a control
system to the compensation loudspeaker. The compensation
loudspeaker generates “anti-noise” (e.g., compensation sig-
nal y'[n]) for suppressing the actual disturbance noise signal
d[n] at the desired position. The adaptive filter 11 is updated
to reduce the size of signal e*[n] for example in a least mean
square sense by using a known adaption algorithm, e.g.,
LMS, NLMS, RLS etc. The effect of the gain factor “g” on the
behavior of the system is described in more detail with refer-
ence to FI1G. 2.

The block diagram of FIG. 2 illustrates a more specific
embodiment of the basic adaptive noise control system shown
in FIG. 1. The system illustrated in FIG. 2 includes the pri-
mary path 1, the secondary path 2, and the signal processing
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arrangement 10 shown in FIG. 1, e.g., a digital signal proces-
sor with adequate software implementation. The signal pro-
cessing arrangement 10 shown in FIG. 1 includes the adaptive
filter 11, the secondary path estimation filter 15, the adder 13
and the multipliers 12 and 14. The adaptive filter 11, as
illustrated in more detail in FIG. 2, includes an adaptation unit
16 and a controllable filter 17 controlled by the adaptation
unit 16. The adaptation unit 16 and the filter 17 are supplied
with an output signal of a filter 18 which receives the refer-
ence noise signal x[n]. The output signal of filter 17 is added
to the approximated disturbance noise signal d"[n] in an adder
19 that provides an modified error signal e'[n] to the adapta-
tionunit 16. The coefficients w, are also copied into a filter 20
which, thus, has the transfer function W|z] as filter 17 does. It
receives the reference noise signal x[n] and provides the
compensation signal y[n] which is supplied to a filter 21 with
the transfer function S”(z) (approximated secondary path) for
providing the compensation signal y"[n]. The compensation
signal y"[n] is subtracted from the error signal e*[n] in an
adder 22 that provides as an output the signal d"[n]. This
signal d"[n] is an estimation of the disturbance noise signal
d[n] and is equal to disturbance noise signal d[n] when equal-
ity S"(z)=S(z) holds. In the frequency domain this can be
easily verified according to the following by equation:

D Nz) = D) +Y(2)-(g-S@) +(1 - g)-S*(2) = S*(2))

=D(@)+Y(2)-G()-(S(z) - 5" (2)

The primary path 1 has a transfer function P(z) representing
the transfer characteristics of the signal path between the
noise source 3 and the listening position 4. The secondary
path 2 has a transfer function S(z) representing the transfer
characteristics of the signal path between the loudspeaker 5
and the listening position 4. The filters 17 and 20 have the
transfer function W(z) that is controlled by an optimized set
of filter coefficients w, (=wq, Wy, W,, . . . W,,,) provided by the
adaptation unit 16. The transfer function S"(z) is an estima-
tion of the secondary path transfer function S(z). The primary
path 1 and the secondary path 2 are “real” systems represent-
ing the acoustical properties of the listening room, wherein
the other transfer functions are implemented in the signal
processing arrangement 11. The filter 20 is part of an active
signal path, i.e., a path where the actual signal to be radiated
by the loudspeaker 5 is processed. The filter 17 is part of a
passive signal path, i.e., it is used for optimizing the filter
coefficients w, in a kind of “background”, “dummy” or
“shadow” filter structure. This shadow structure of the system
has to be found advantageous in practice for handling the
stability of the system.

In the system illustrated in FIG. 2, the noise signal x[n] is
used as “reference signal” for the adaptive filter 11. The noise
signal x[n] is measured, for example, by an acoustic sensor
such as a microphone or a non-acoustical sensor such as a
revolution counter. When using a non-acoustical sensor, the
derived signal may be post-processed by a synthesizer, spe-
cial filter or the like. The adaptive filter 11 provides the
compensation signal y[n] which is radiated after multiplica-
tion with gain g in multiplier 12 via the secondary path 2 to the
listening position where it appears as the modified compen-
sation signal y'[n]. This modified compensation signal y'[n]
has an approximately 180 degree phase shift to that of the
delayed reference noise signal x[n] and, thus, destructively
superposes with the disturbance noise signal d[n] from the
primary path 1. The “result” of the superposition is a measur-
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6

able residual signal used as the error signal e[n]. After adding
to error signal e[n] and the modified compensation signal
y*[n] provided by the secondary path estimation filter 15, the
resulting modified error signal e*[n] is input to the adaptive
filter 11.

After successtul adaption of transfer function W[z] the
transfer function W(z)-S(z) resulting from the series connec-
tion of the filters 17 and 18 approaches the transfer function
P(z) of the primary path 1 due to the adaptation process,
wherein the output signal d[n] of the primary path 1 and the
output signal y'[n] of the secondary path 2 superpose destruc-
tively thereby suppressing the effect of the input signal x[n] in
the considered listening position. The error signal e'[n] and
the filtered reference signal x™'[n] derived from the reference
noise signal x[n] by filtering with the estimated secondary
path transfer function S"(z) are supplied to the adaptation unit
16. The adaption unit 16 calculates, for example using an
LMS algorithm, the filter coefficients w, for the filter 17 (and
the filter 20) with the transfer function W(z) such that a norm
of the error signal le'[n]l or le*[n]l, respectively, becomes
relatively small, e.g., is minimized. The maximum achievable
performance of this minimization depends, among others, on
the characteristic of the secondary path, the quality of the
secondary path in the model used, the type of adaption and the
nature and characteristics of the underlying noise signal. In
the special case “g=1" one can easily verity, that e*[n]=e[n]
and the system will show its full maximal attenuation perfor-
mance in the acoustic domain.

The adaptive filter 11 in the system of FIG. 2 includes an
additional filter 20 with the transfer function W[z] and an
additional filter 21 with the estimated secondary path transfer
function S"[z]. The filter characteristic of the adaptive filter 20
upstream of the “real” secondary path 2 and the filter charac-
teristic of the shadow filter 17 are identical and updated by the
(LMS) adaptation unit 16. The filter 21 receives the compen-
sation signal y[n] and provides an estimation of the secondary
path output y"[n]. The difference between the modified com-
pensation signal y"[n] and the error signal e*[n] provided by
a microphone (not shown in FIG. 2 for the sake of simplicity)
disposed in the location where noise cancellation is desired,
i.e., thelistening position 4 is provided by the summer 22. The
resulting difference is an estimated signal d"[n] of the primary
path output d[n]. The output signal of the (passive, i.e., not
actively adapted) shadow filter 17, the compensation signal
y"[n] is added to the estimated signal d"[n] to provide the
modified error signal e'[n] used to update the filter coefficients
w, of the filters 17 and 20. The filter 20 receives the reference
noise X[n], whereas the shadow filter 17 and the LMS adap-
tation unit 16 receive the filtered reference noise signal x™'[n].

Assuming g=1, the path including the filter 21 is used to
model the actual radiated acoustical compensation signal
y"[n]. The adder 22 outputs an estimation of the acoustical
disturbance noise signal d[n], i.e., the estimated disturbance
noise signal d"[n] that depends on the quality of the transfer
function S"[z]. The filters 16, 17 and 18 model the estimated
disturbance noise signal d"[n] such that the filter 17 outputs
the inverse of the estimated disturbance noise signal d"[n].
Additionally, the transfer function W|[z] is copied (by copying
the respective filter coefficients w,) from the filter 17 into the
filter 20. The attenuation resulting therefrom is maximum as
the error approximates zero (e[n]—0). Therefore, the attenu-
ation is maximum for g=1 as can be seen from FIG. 3. The
path including the multiplier 14 and the filter 15 is not active
because of 1-g=0 for g=1.

A system as described above with reference to FIG. 2
works well as an ANC system in which a total reduction of
noise is desired, which is the case for g=1. However, there are



US 9,153,226 B2

7

situations in which it may be desirable to only attenuate or
boost the noise to a certain extent or to modify the spectral
structure of the noise or both. For example, it is not worth-
while to reduce the motor sound of a vehicle to zero since the
motor sound provides to the driver important feedback infor-
mation such as whether the motor is on or off, or an indication
of'the motor’s revolutions per minute (RPM) which may even
give a rough impression of the vehicle’s speed. Another appli-
cation may be the so-called vehicle or motor sound tuning,
i.e., creating a specific sound, e.g. a more pleasant, sportive or
elegant vehicle or motor sound. Thus, it is now assumed that
g=1.

In the system of FIG. 2, the multiplier 12 is added to the
general ANC structure in order to allow such sound tuning.
The gain factor g which is multiplied with the compensation
signal y[n] by the multiplier 12 corresponds to the overall
attenuation of the noise signal x[n] to be achieved. In view of
the adaptive filter 11, the multiplier 14 is connected upstream
of the filter 21 and compensates for this gain factor g by
multiplying the compensation signal y[n] by the quantity 1-g.
Thus, the adaptive filter 11 is operated in the same way as it
would be with g=1. However, the gain factor g affects the
signal e[n] occurring in the listening position 4 as now applies
that:

Efz]=g W[z]-S[z] X[z]+D[z]

(instead of Efz]=W{z]-S[z]-X{z]+D/z])

in which g=1 and E[z] is the z-Transformation of the corre-
sponding time signal e[n] etc. However, the adaptive filter 11
as part of a control loop still seeks to minimize the error signal
e'[n], i.e., €'[n]—0. However, there is an offset in the control
loop introduced by gain factor g:

Assuming an ideal model of the secondary path with
S7[z]=S[z] and that the series connection of the transfer func-
tions W[z] and S[z] is matching the transfer function P[z]
(W[z]-S[z]=-P[z]), after successful adaption of
W][z] (¢'[n]—=0), a resulting relative attenuation value a can be
formed, with:

Y'[z] =g-W[z]-Sz]- X[z]
=-g-Plz]-X[z]
=-g-Dlz]

a

Elz]/ Dlz]

(DIz]+ Y'[z])/ DIz]
(Dlz] - g-DIz])/ Dlz]
l-g

in which E[z], D[z], X[z], Y[z] and Y'[z] represent in the
frequency domain the time domain signals e[n], d[n], x[n],
y[n] and y[n] frequency domain and g is a real valued gain
with O=g=co.

Further assuming that gain factor is g=1 and that the system
is operated under real conditions where no infinite attenuation
is achievable, a theoretic maximum attenuation factor a,, .
(<1) occurs so that an absolute attenuation a' is the maximum
of' both values maximum attenuation factor a,,,. and relative
attenuation lal:

a'=max (@, 1al)
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For any relative attenuation factor a, in which

a=E[z]/D[z]
=Dzl +Y’'[z])/ DIzl
= (Dlz] -g-DIz])/ Dlz]

:1—g

and E[z], D[z], X[z], Y[z] and Y'[z] represent in the frequency
domain the time domain signals e[n], d[n], X[n], y[n] and y[n]
frequency domain, respectively, the following modes of
operation may apply:

Attenuation: O=sg=sl a' 7 =-20logl0(a’) a' = max(a,,,,, lal)
Attenuation: 1<g=2 a' 7 =-20logl0(a’) a' = max(a,,,,, lal)
Amplification: 2<g=s® a'y, =-20loglO(a’) a' = max(a,,,,,., lal)

The attenuation is illustrated either in a linear scale a' (<1) or
logarithmic scale a';;, (>0).

FIG. 3 graphically illustrates, by way of example, the
attenuation over gain factor g in the system shown in FIG. 2
with a theoretic maximum attenuation factor of a,,, =0.1.
FIG. 4 graphically illustrates, also by way of example, the
phase of a system as shown in FIG. 2 over gain factor g. As can
be seen from FIG. 4, the phase of the attenuation a=1-g is
inverted for a gain factor g greater than 1, whereby the phase
¢, 1s:

¢,=arg{a}=atan(Im{1-g}/Re{1-g})=a-tan(0)=0,
O=g=1

,=arg{a}=atan(Im{1-g}/Re{1-g})=a-tan(0)+I1,
1<g<w
FIG. 5 is a block diagram illustration of an adaptive noise
control system based on the system shown in FIG. 2 but
adapted to have a frequency dependant complex gain factor
G(jo) to allow equalization of the noise or spectral sound
tuning over frequency, in which now the complex attenuation
factor A(jw) is:
A(jo)=1-G(jo)=E(jo )/ D(jw).

When using a frequency dependant G, i.e. G(jw), G may be
stored as a look-up table in the system, e.g., as a frequency

dependant complex array of numbers representing G(jw) in
which oy, <0<, with o, ~start value and o, is the
stop value.

In contrast to the system of FIG. 2, in the system of FIG. 5
all signals are not processed in the time domain but in the
frequency domain. Accordingly, instead of signals x[n], y[n],
e[n], y"'[n], d"[n], x"[n] and e'[n] in the time domain, signals
X({jm),Y(jw), EGw), Y"(jw), D (jw), X™'(jw) and E'(jw) in the
frequency domain are used, respectively. The filters 17, 18,
20, 21 and the adaption unit 16 are adapted accordingly in
order to exhibit the same behavior as the respective filters in
the system of FIG. 2.

As shown in FIG. 5, a calculation unit 23 is connected
between the output of the adder 6 and the input of the adder
13, which is designated to receive the error signal e[n] in the
system of FIG. 2. A further calculation unit 24 is connected in
series with the multiplier 12 and upstream of the secondary
path 2. Finally, a still further calculation unit 25 may be
connected upstream of the inputs of the filters 18 and 20.
Alternatively, an oscillator 26 may be used which is con-
nected upstream of the filters 18 and 20 and which is con-
trolled by the noise source 3, e.g., with a signal representing
the revolutions per minute of a motor. The oscillator 26 may
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be a synthesizer that models the noise generated by the noise
source, e.g., on the basis of a signal representing the revolu-
tions per minute of the motor.

A dedicated amplitude and phase characteristic over fre-
quency of the gain factor G(jw) can be implemented, e.g., by
a Finite Impulse Response (FIR) filter or an Infinite Impulse
Response (IIR) filter or by a look up table in the frequency
domain to hold discrete complex values to read out at the
specific frequencies w. As outlined above, the attenuation
factor A (jw) is a complex function A(jw)|=IAl-¢/** whose
absolute value is:

11-G(0)|=14(Gw)l,
and whose phase is:
arg{A(jw)}=¢ ~arctan(Im{4(jo)}/Re{A(jw)} +kI1

in which Im{ } is the imaginary part, Re{ } is the real part of
the attenuation factor A(jw) and integer k depends on the
quadrant in the complex plane of A.

Employing complex rotators for the signal Y(jw), a cor-
recting signal is provided whichis Y (jw)-G(jw) and which can
be transferred by a real operator Re{Y(jw)-G(jw)} or an
inverse FFT back into a (real) signal in the time domain by the
calculation unit 24. The correcting path is nevertheless oper-
ated with 1-G(jw) in which the frequency variable is the
normalized frequency w=2-7-(f/f)).

In the system shown in FIG. 5, the error signal e[n] in the
time domain is transferred to the frequency domain error
signal E(jw) by a Fast Fourier Transform (FFT), a heterodyn-
ing (HET) operation or a so-called Goertzel algorithm per-
formed in the calculation unit 23.

Fast Fourier transform is an efficient method to compute
the discrete Fourier transform (DFT) and its inverse. There
are many distinct FFT algorithms involving a wide range of
mathematics, from simple complex-number arithmetic to
group theory and number theory. A DFT decomposes a
sequence of values into components of different frequencies.
This operation is useful in many fields but computing it
directly from the definition is often too slow to be practical.
An FFT computes the DFT and produces exactly the same
result as evaluating the DFT definition directly; the only
difference is thatan FF'T is much faster. Since the inverse DFT
is almost the same operation as the DFT, any FFT algorithm
can easily be adapted for it. By using FFT, signal processing
as shown herein has to be done in block processing. This
introduces additional delay in the processing of the signals
x[n], y[n] and e[n] and leads to a deteriorated performance of
the ANC systems.

An alternative way to transform a time domain signal into
frequency domain is to heterodyne it. Heterodyning is the
generation of new frequencies by mixing, or multiplying, two
periodic signals to place a signal of interest into a useful
frequency range. In the present example, the error signal e[n]
orthe reference noise signal x[n] is multiplied with a complex
rotator X(jw)=¢/*’ such that the frequency of interest is shifted
towards 0 Hz and the resulting complex signal E(jw) is used
for further processing in the signal processing arrangement
10. This can be done e.g. in the form,

E(jo)=(cos(wn)+jsin(w#))efn]

in which n is, in this example, a digital time index and w a
specific single frequency position of interest. It should be
noted that w can have any frequency value one wishes.

Possible unwanted noise occurring at other frequencies
than 0 Hz is suppressed due to averaging operations of the
LMS algorithm performed in the adaption unit 16. The het-
erodyning operation exhibits in contrast to FFT no signal
delaying.
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Another way to transform a time domain signal in to a
frequency domain signal is the so called Goertzel algorithm.
The Goertzel algorithm is a digital signal processing tech-
nique for identitying frequency components of a signal.
While the general Fast Fourier transform (FFT) algorithm
computes evenly across the bandwidth of the incoming sig-
nal, the Goertzel algorithm looks at specific, predetermined
frequencies.

The reference signal is either provided by the oscillator 26
or the calculation unit 25 which either employs an FFT or
Goertzel algorithm in the present example. However, Hetero-
dyning may be used as well. The output of the oscillator 26
can be generated according to

X(w)=cos(wn)+j-sin(w#),

in which w represents the frequency of interest and n a dis-
crete time index.

When using the FFT algorithm, it has to be noted that a
block-wise processing of the signals (data) is necessary
which may cause additional delays and, accordingly, a slower
adaption. In contrast, sample-wise processing may be
employed as in the Goertzel algorithm. Another option pro-
viding smaller delays is using an oscillator, e.g., in connection
with a heterodyne operation which also allows sample-wise
processing.

FIG. 6 illustrates an alternative structure for the system of
FIG. 5 in which the multipliers 12 and 14 are substituted by a
single multiplier 26 and in which the filter 15 and the adder 13
are omitted. In the system of FIG. 6, signal Y (jw) is multiplied
in the multiplying unit 26 with the complex gain G(jw). The
output signal of the multiplying unit 26 is supplied to the
calculation unit 24 and the filter 21 whose output signal,
signal Y"'(jw), is subtracted in the subtractor 22 from the error
signal E(jw) provided by the calculation unit 23.

All systems as shown in FIGS. 1-6 have a gain factor in the
time or frequency domain which allows to determine the
characteristic of attenuation a or A(jo)I=|Al-¢** in advance
by a user. A complex filter or look-up table G(jw) stored in a
memory of a control system may be used to obtain the desired
attenuation A(jw)=1-G(jw). The look-up table is constant
and so is the relation E(jw)/D(jw)=A(jw). The acoustic error
represented by signal E(jw) is perceived by the listener. The
disturbance noise signal D(jw) is the signal which is per-
ceived if the ANC system is switched off. If the user of the
system wishes only an attenuation |A(jw)l without phase
information to be pre-determined, the look-up table includes
only values G(jw)=1-1A(jm)l, with 0=G<c bound to real
values. With this setting the phase ¢, behaves as illustrated
above with reference to FIG. 4. If complex values A(jw) are
selected, which results, in Gjw)=1-A(jw), then both, ampli-
tude and phase of A(jw) are determined as follows:

Ao)y=|4(jw)-& M=(IE(jw)l/|D(jo)|) ¢ HE-4D)

Accordingly, the phase of the perceived signal E(jw) relates to
the disturbance noise signal D(jw) with ¢=¢_,+¢ .

A system that overcomes this drawback and that offers a
selectable phase ¢ of the finally perceived error signal EGw)
is described with reference to FIG. 7.

FIG. 7 illustrates a system according to FIG. 6 with an
additional arrangement 31 for automatically adjusting the
(complex) gain G(jw) to achieve the above needs. In this
arrangement 31, the complex gain G(jw) is provided by a gain
control unit which includes three phase calculation units 27,
28, 29 and a subtractor 30. The calculator unit 27 applies the
argument function arg{ } on the estimated error signal D" (jw),
which is an estimation of the disturbance noise signal d[n] in
the frequency domain (=D(jw) at the listening position. The
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calculation unit 28 applies the argument function arg{ } on a
target error signal -E_d(jw). Arg{ } is a function operating on
complex numbers (e.g., visualized as a plane), and intuitively
gives the angle between the line joining the point to the origin
and the positive real axis, known as an argument of the point,
that is, the angle between the half-lines of the position vector
representing the number and the positive real axis (as outlined
in the equation above).

The output signal of the calculator unit 27 is subtracted
from the output signal of the calculator unit 28 by the sub-
tractor 30 which supplies a signal arg{G_a(jw)} representing
the phase of the newly calculated adaptive gain to the calcu-
lator unit 29 where it is processed with an operator
IGGm)l-e/{ 3. Thus, the previous absolute value |G(jw)l is
taken again, however the phase ¢ =arg {G(jw)} is newly
calculated (i.e., adapted) which is indicated by “{ }”. The
absolute value IG(jw)| may be stored as a look-up table in the
frequency domain. The calculator unit 29 provides the com-
plex gain G(jw) to the multiplier 26. In the arrangement 31,
the estimated delayed noise signal D"(jw) is compared with a
complex target error signal, i.e., -E_d(jw), and the difference
is used by an evaluation arrangement, i.e., the calculator unit
29, to calculate (adapt) the complex gain G(jw) so that, e.g.,
this difference is kept constant. Thus, the phases of the esti-
mated delayed noise signal D”(jw) and the desired error signal
E_d(jw) are compared to each other, i.e., the phase of the
estimated disturbance noise signal D"(jw) representing the
actual disturbance noise signal d[n] is subtracted from the
phase of desired error signal E_d(jw). Based on the difference
of'the two phases (i.e., the ratio of these two complex signals
E_d(jw)/D"(jw)) a new complex gain factor G(jw) is calcu-
lated in which only the phase is adapted.

As outlined above, the controllable phase and absolute
value of the attenuation A(jw) are related to the error signal
E(jw) and the delayed noise signal D(jw) (=d[n] in the fre-
quency domain) according to:

A(jo)=E(jo)/D(jn)=1-G(jw).

As the approximated disturbance noise signal D"(jw) can
be estimated by the processing unit 11 (output of the subtrac-
tor 22), and if a desired error signal E_d(jw) or its phase
arg{E_d(jm)} are readily provided, e.g., by a look up table,
the adaptive gain G_a(jw) with

G_a(jo)=1-A(jo)=1-E_d(jo)D(jo)=1-(E_d(jo)
D' (jw))
or its phase arg{G_a(jw)}

arg{G_a(jw)} = argtl - (E_d(jw)/ D" (jw))}

= arg{-E_d(jw)} —arg{ D" (jw)}

can be calculated.

Upon calculation of the phase, in a subsequent step the
complex gain used in the system is adapted by discrete cal-
culation according to:

G(jo,k+1)=IG(w,b)-¢"(-arg{G_a(jw,)}

G(jw)=I1G(jw)|-e"(j-arg{ G_a(jw)}.

Accordingly, a delay block having a transfer function z"-1
may be connected downstream of the calculation unit 29 (not
shown). Also IG(jm)! may be stored in the system as a look-up
table. Thus, the phase of the error signal e[n] is changed and
controlled such that the sound signal resulting from the super-
position of the disturbance noise signal d[n] and the compen-
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sation signal y'[n] at the listening position 4 is adapted to the
desired characteristic as defined by the target phase of the
desired error signal E_d(jm). The sum error signal E(jw) will
have a phase

Oz_~arg{E_d(jo)}
and an amplitude

|E(jo)I=I(1-G(jw))-Djw)I=l4(jw)-D(Fw)!.

Two modes of operation are possible:
1. Only the phase is adapted

G(jw)=IG(jw)I-e"(j-arg{ G_a(jw)} or

G(jo,k+1)=IG(jw,k)|-e"(j-arg{ G_a(jo,k)}

IG(jw)l, E_d(jw) or arg{E_d(jm)} are stored in a look-up
table.
2. Amplitude and phase are adapted

G(j0)=G_a(joy=1-(E_d(j0)D (o)) or

G(jo,k+1)=G_a(jo,k)=1-(E_d(o)/ D (jo.k)

Only E_d(jw) is stored in the look-up table and provided
acoustically as E(jm).

FIG. 8 illustrates a system according to FIG. 7 with an
additional averaging unit 36 connected between the subtrac-
tor 30 and the calculator unit 29. The averaging unit 31
includes a coefficient element 32 (with a coefficient 1-a) that
is connected between the output of the subtractor 30 and an
input of an adder 33 whose other input is connected via a
coefficient element 34 (coefficient a) to the output of a latch
35. The input of the latch 35 is connected to the output of the
adder 33. Additional units for averaging in the frequency
domain, block or sample wise processing, et cetera, may me
provided as the case may be (not shown in the FIGS.).

A complex gain and an arrangement for automatically
adjusting the complex gain may be used also in connection
with systems as illustrated in FIGS. 1, 2 and 5. This arrange-
ment may be included in the adaptive filter (as indicated by
dotted line g[z] in FIG. 1). The complex gain factor may also
be provided by a controllable filter instead of multipliers or
dividers. Furthermore the scope of the invention is not limited
to automotive applications, but may also be applied in any
other environment (e.g., in consumer applications like home
cinema or the like, and also in cinema and concert halls or the
like).

In the examples described above, the Modified Filtered X
Least Mean Square MFXLMS algorithm may be used as it
offers faster convergence since, e.g., with the FXLMS the
maximum step size is the reciprocal of the delay occurring in
the secondary path. Thus, the convergence delay of the
FXLMS algorithm increases with increasing length of the
acoustical secondary path in contrast to the MFXLMS. When
using the MFXLMS algorithm the copying of the filter coef-
ficients, e.g., from the filter 17 to the filter 20 in the system of
FIG. 2, can be controlled thus allowing to keep the system
stable if it tends to become instable.

As already mentioned, the reference noise signal x[n] may
be an acoustical signal or a non-acoustical (e.g., synthesized)
signal. Furthermore, the reference noise signal x[n] may be
picked up as an analog signal in the time domain but digitally
processed in the frequency domain blockwise (FFT) or
samplewise (Goertzel, Heterodyning). The error signal e[n],
too, may be picked up as an analog signal in the time domain
but digitally processed in the frequency domain blockwise
(FFT) or samplewise (Goertzel, Heterodyning). The compen-
sation may be processed blockwise or samplewise in the
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frequency domain and is radiated acoustically as analog sig-
nal in the time domain. The (adaptable) g factor may be
processed in the time or frequency domain.

It will be obvious to those reasonably skilled in the art that
other components performing the same functions may be
suitably substituted. Such modifications to the inventive con-
cept are intended to be covered by the following claims.

What is claimed is:

1. An adaptive noise control system for reducing, at a
listening position, the power of an acoustic noise signal radi-
ated from a noise source to the listening position, the system
comprising:

an adaptive filter that receives an electrical reference signal
in a frequency domain representing the acoustic noise
signal and a modified electrical error signal in the fre-
quency domain representing the acoustic signal at the
listening position and that provides an electrical output
signal;

a signal processing arrangement that receives the electrical
output signal and that provides a first electrical compen-
sation signal indicative of the electrical output signal
multiplied by a first gain factor and a second electrical
compensation signal indicative of the electrical output
signal multiplied by a second gain factor and filtered, the
second gain factor being equal to 1 subtracted by the first
gain factor; the second compensation signal being added
to the error signal for compensation;

at least one acoustic transducer that receives the first elec-
trical compensation signal and radiates an acoustic com-
pensation signal indicative of the first electrical compen-
sation signal to the listening position; and

a secondary path estimation filter that receives the second
electrical compensation signal and provides a filtered
signal that is summed with an electrical error signal to
provide the modified electrical error signal.

2. The adaptive noise control system of claim 1 in which the
gain factor is controllable by an arrangement adapted to auto-
matically adjust the gain factor according to a target noise
signal.

3. The adaptive noise control system of claim 2 in which the
arrangement for automatically adjusting the complex gain is
adapted to compare an estimated noise signal with the target
noise signal, to evaluate the difference thereofand to adapt the
complex gain.

4. The adaptive noise control system of claim 3 in which the
arrangement for automatically adjusting the complex gain is
adapted to evaluate the difference of the estimated noise
signal and the target noise signal by applying a complex
rotator to this difference multiplied with the real value of the
complex gain factor.

5. The adaptive noise control system of claim 3 in which the
arrangement for automatically adjusting the complex gain is
adapted to average the difference of the estimated noise signal
and the target noise signal.
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6. The adaptive noise control system of claim 3 in which the
arrangement for automatically adjusting the complex gain is
adapted to compare the argument of the estimated noise sig-
nal and the argument of the target noise signal.

7. The adaptive noise control system of claim 3 in which the
signal processing arrangement processes at least the error
signal in the frequency domain.

8. An adaptive noise control method for reducing, at a
listening position, power of an acoustic noise signal radiated
from a noise source to the listening position, the method
comprising:

providing an electrical reference signal associated with the

acoustic noise signal;

filtering the electrical reference signal with an adaptive

filter to provide an electrical output signal;
multiplying the electrical output signal by a gain factor to
provide a first electrical compensation signal;

multiplying the electrical output signal by a second gain
factor to provide a second electrical compensation sig-
nal, the second gain factor being equal to 1 subtracted by
the first gain factor;

filtering the second electrical compensation signal to pro-

vide a modified compensation signal;

radiating a first electrical compensation signal to the lis-

tening position with an acoustic transducer;

sensing a residual acoustic error signal at the listening

position and providing an electrical error signal indica-
tive thereof;

adding the modified compensation signal to the electrical

error signal to provide a compensated error signal; and
adapting filter coefficients of the adaptive filter as a func-
tion of the compensated error signal.

9. The adaptive noise control method of claim 8 in which
the gain factor is controlled by automatically adjusting the
gain factor according to a target noise signal.

10. The adaptive noise control method of claim 9 in which
an estimated noise signal is compared with the target noise
signal, the difference thereof is evaluated and the complex
gain is adapted.

11. The adaptive noise control method of claim 10 in which
the arrangement for automatically adjusting the complex gain
is adapted to evaluate the difference of the estimated noise
signal and the target noise signal by applying a complex
rotator to this difterence multiplied with the real value of the
complex gain factor.

12. The adaptive noise control method of claim 10 in which
the difference of the estimated noise signal and the target
noise signal are averaged.

13. The adaptive noise control method of claim 10 in which
the argument of the estimated noise signal and the argument
of the target noise signal are compared.

14. The adaptive noise control system of claim 10 in which
at least the error signal is processed in the frequency domain.
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